A

Form Approved

REPORT DOCUMENTATION PAGE o 0188

Public reporting burden for this cottection of information 1s estimated to average 1 hour per response, inciuding the ume for reviewing instructions, searching existing data sources,
gathering and maintaining the data needed, and completing and reviewing the collection of information. Send comments regarding this burden estimate or any other aspect of this
collection of information, including suggestions tor reducing this burden. to Washington Headguarters Services, Directorate for information Operations and Reports, 1215 Jetferson
Davis Highway, Suite 1204, Arlington, VA 22202-4302, and to the Office of Management and Budget, Paperwork Reduction Project (0704-0188), Washington, DC 20503.

1. AGENCY USE ONLY (Leave blank) | 2. REPORT DATE 3. REPORT TYPE AND DATES COVERED
5 Dec 93 Reprint
4. TITLE AND SUBTITLE 5. FUNDING NUMBERS
Cubic frequency-shift filtering for cochannel
¢ rrequency 8 DAAL03-91-C-0018
interference removal N
6. AUTHOR(S) .
Chad M. Spooner and William A. Gardner CJ
7. PERFORMING ORGANIZATION NAME(S) AND ADDRESS(ES) . PERFORMING ORGANIZATION
0 Q/C' gcga REPORT NUMBER
Statistical Signal Processing, Inc. <€>/ Q;\\

6950 Yount Street
Yountville, CA 94599

10. SPONSORING / MONITORING

9. SPONSORING / MONITORING AGENCY NAME(S) AND ADDRES
AGENCY REPORT NUMBER

U.S. Army Research Office
P. 0. Box 12211
Research Triangle Park, NC 27709-2211 Am 279/7 }4«5('5

11. SUPPLEMENTARY NOTES
The view, opinions and/or findings contained in this report are those of the

author(s) and should not be construed as an official Department of the Army
position, policy, or decision, unless so designated by other documentation.

12a. DISTRIBUTION / AVAILABILITY STATEMENT [12b. DISTRIBUTION CODE

Approved for public release; distribution unlimited.

9950203 200

It is shown that cochannel interference removal from digital ‘quadrature-amplitude-
modulated signals without the introduction of signal distortion can be accomplished by
using linear-plus-cubic frequency-shift filtering. The theory of higher-order
cyclostationary signals is used to explain how this can be done, and the results of
simulations that quantify the performance of the method are presented.

14. SUBJECT TERMS 15. NUMBER OF PAGES

<:>/Cy%1§fitiﬁzkm4c111( 5;Q%L,L‘JZI_ A
Ccocttanael ‘%ﬁ“wcg 16. PRICE CODE

17. SECURITY CLASSIFICATION | 18. SECURITY CLASSIFICATION [ 19. SECURITY CLASSIFICATION [ 20. LIMITATION OF ABSTRACT
OF REPORT OF THIS PAGE OF ABSTRACT
UNCLASSIFIED UNCLASSIFIED UNCLASSIFIED UL

e e nad Standard Form 298 (Rev. 2-89)
i B Prescribed by ANSI Std Z39-18
' 298-102

NSN 7540-01-280-5500




Proceedings of the 1993 International Symposium on Nonlinear Theory and Its Applications,
December 5-9, Honolulu, Hawaii, pp. 625-630.

Cubic Frequency-Shift Filtering for Cochannel Interference Removall
Chad M. Spooner and William A. Garduner

Department of Electrical and Computer Enginecring
University of California, Davis, CA 95616 USA

Abstract

It is shown that cochannel interference removal from digital quadrature-amplitude-modulated
signals without the introduction of signal distortion can be accomplished by using linear-plus-
cubic frequency-shift filtering. The theory of higher-order cyclostationary signals is used to
explain how this can be done, and the results of simulations that quantify the performance of
the method are presented.

1 Introduction

One of the fundamental difficultics encountered in communication system design is the problem
of cochannel interference. When the interfering signal is narrowband with respect to the signal of
interest (SOI), or overlaps the SOI only over a small portion of its allotted band of frequencies,
excision methods (i.e., narrowband filtering) can sometimes be used to mitigate the interferer’s
effects while introducing a level of distortion into the SOI that is either tolerable or correctable by
other means. However, when this distortion is unacceptable, as it usually is when the interfering
signal overlaps the SOI over a sufficiently large portion of its allotted band, other means of interfer-
ence mitigation must be sought. This difficulty arises because the communication signals involved
are usually modeled as stationary stochastic processes, for which linear time-invariant (LTI) fil-
tering is appropriate and, in some cases, optimal from a minimum-mean-squared-error viewpoint.
Nevertheless, LTI filtering cannot separate spectrally overlapping signals.

Over the past several years it has been established that many communication signals are more
appropriately modeled as cyclostationary stochastic processes in the sense that superior signal pro-
cessing methods, such as detectors and estimators, can be derived from this model [1, 2]. These
methods are superior in that they can deliver more accurate estimates for the same amount of data,
and in some cases they can solve problems that cannot be solved by using the simpler stationary
model. A signal 2(t) is called second-order cyclostationary if there exists a stable time-invariant
quadratic transformation such that the output of the transformation with x(t) at the input con-
tains at least one finite-strength additive sine-wave component with nonzero frequency a [1]. This
property of cyclostationary signals is called the sine-wave regeneration property. Equivalently, a
signal is second-order cyclostationary if it contains pairs of spectral components—separated in fre-
quency by a nonzero amount a—that are temporally correlated. This property of cyclostationary
signals is called the spectral correlation property. The frequency separations and the frequencies
of the generated sine waves are specified by the same set of numbers {a}, which are called cycle
frequencies.

In particular, it has recently been demonstrated that by using linear periodically (or almost
periodically) time-variant filtering, cochannel interference can, in principle, be completely removed
from a second-order cyclostationary signal—without introducing any distortion into the signal [3]. A
linear (almost) periodically time-variant system is also referred to as a FREquency-SHift (FRESH)
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filter because the system output can be represented as the sum of filtered and frequency-shifted
versions of the input. For signals that do not exhibit second-order cyclostationarity (SOCS), linear
FRESH filtering degenerates to LTI filtering.

With the increasing use of the radio spectrum, there has been a corresponding increase in the
use of spectrally efficient signals (e.g., partial response and some digital quadrature-amplitude-
modulated [QAM] signals). These signals exhibit weak or no SOCS, and therefore linear FRESH
filtering provides little or no benefit over LTI filtering. However, these signals do exhibit higher-
order cyclostationarity (HOCS) [4, 5], and this property can be exploited to yield a generalization of
linear FRESH filtering to nonlinear FRESH filtering. In this paper, we propose a nonlinear method
of removing cochannel interference from signals that do not exhibit SOCS. The method consists of
linearly and cubically transforming the received data, frequency shifting the results, and summing
to yield an estimate of the SOL: linear-plus-cubic (LPC) FRESH filtering.

The remainder of the paper is organized as follows. In Section 2 we provide the mathematical
background on HOCS that is necessary to understand the LPC method, in Section 3 we describe
the method, and in Section 4 we present results of a computer study of the method that give
an indication of its potential. Finally, in Section 5 we draw conclusions and outline appropriate
follow-on research problems.

2 Cyclostationarity

The theory of cyclostationary signals can be developed in either the stochastic-process framework
2, 6] or the time-series framework (1, 4, 6, 7]. We use the latter here. Consider a time-series z(t)
defined for all time t. We introduce some quantities that are nonlinear transformations of this
time-series. These quantities, whose mathematical existence is assumed, are obtained by using the
multiple-sine-wave-extraction operator Ef} {-}, which extracts the almost periodic component of
its argument (and is analogous to the stochastic expectation operation) {2, 7]. That is, Ele} {1}
extracts the sum of all finite-strength additive sine waves present in its argument.
The nth-order temporal moment function (TMF) for (t) is defined by

R.(t, 1), & E {H 2™t + Tj)} = 5" R (1)ne™ ", )
j=1 an

where (x); denotes the optional conjugation of the factor z(t +7;). The complex-valued strength of
each of the sine-wave components of the TMF is called a nth-order cyclic temporal moment function,
and can be computed in the following way

11 a™i(t + Tj)e—iQ"at dt = <H =Mi(t + Tj)ei2wat> ) (2)

T/Q j=1 j=1

1 [T/2
R = Jin 7 [

where the angle brackets (-) are used to denote the infinite-time-averaging operation.

A signal z(t) for which there is at least one nonzero value of a for which R2(7), # 0 in the sum
in (1) are said to exhibit nth-order cyclostationarity. For n > 2, z(t) is said to exhibit higher-order
cyclostationarity. An interesting case is that in which z(t) exhibits cyclostationarity for order n
but not for any order smaller than n. Examples of this kind of signal for n = 4 are members
of the class of partial-response signals [8]. Other interesting signals are those that exhibit weak
cyclostationarity for orders less than 7, but strong cyclostationarity for order n. Examples of these
signals for n = 4 are bandwidth-efficient digital QAM signals with excess bandwidth on the order
of 10% (or less).
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In the special case of n = 2, 74 = 7/2, and 7, = —7/2, the CTMF coincides with the cyclic
autocorrelation function, which is typically denoted by Re(7) [1]. Linear FRESH filtering can
be understood by interpreting the cyclic autocorrelation as the cross correlation between a signal
s(t + 7/2) and a time- and frequency-shifted version of itself s(¢ — 7/ 2)e’2met:

RY(r) = <S(t +7/2) [s(t - 7/2)6i2”°‘t]*> .

Let z(t) = s(t) + m(t), where s(t) is the SOI and m(t) is the SNOI plus noise. The idea is to
estimate the SOI s(t) in the data z(t) by using both time- and frequency-shifted versions of z(t).

The motivation for cubic FRESH filtering is understood by interpreting the fourth-order CTMF
as the cross correlation between a signal s(t+7) and a cubically transformed and frequency-shifted
version of itself [T}_y s(t + 7;)e?™":

4 *
Ri(1)s = <s(t +7) [H s(t + Tj)eiQ"“‘] > .
j=2
The idea is to estimate the SOI s(t) in the data z(t) by using frequency-shifted cubically transformed
versions of z(t).

3 Linear-Plus-Cubic Frequency-Shift Filtering

For a real-valued input signal z(t) the output y(t) of an LPC system is given by the following
relation
yt) =3 [/ hy(T)2(t — 7)e™™ dT]
—~ /-

+ Xai [/_o:o Go(T)3(t — 1)a(t — ) (t — 73)e?™ dz] , T=[n . (3)

The sum over the frequency parameters {7} describes a linear FRESH filter, the sum over the
frequency parameters {a} describes a cubic FRESH filter, and together they describe a linear-plus-
cubic FRESH filter.

The problem of finding the functions {h,(-)} and { ga(+)} such that y(t) is the minimum-mean-
squared-error estimate of s(t),

min (jy() - s(®)*)

results in a set of multidimensional integral equations that are difficult to solve even for specific
simple models for s(t) and m(t). However, the form of the integral equations does allow specification
of the parameter sets {7} and {a}, which are not limited to the second- and fourth-order cycle
frequencies of z(t), respectively (cf. [3] for the case of linear FRESH filters). In fact, both sets of
parameters are specified by the same frequencies, which are all integer-coefficient linear combinations
of the set of second-, fourth-, and sixth-order cycle frequencies for z(t), which itself consists of the
cycle frequencies for s(t), i(t), and n(t), for orders 2, 4, and 6, as well as the sums and differences
of their cycle frequencies for orders 2 and 4 4, 5].

In this paper, we focus on the simpler problem of least-squares estimation of the kernels {h,(:)}
and {g(-)} for a given finite-duration data set consisting of a SOI, a SNOI, and noise. A discrete-
time version of the nonlinear system (3) is given by

y(t) =) > hy(uw)z(t - 'zL)ei2"17t} +3 {Z ga(w)z(t — wy)z(t — ug)x(t — ug)eZ™ . (4)
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A computer study was conducted to determine the filter coefficients h,(-) and ga(-) given a data set
z(t) consisting of a SOI s(t) that is corrupted by an interferer i(t) (signal not of interest [SNOI])
and white Gaussian noise n(t): z(t) = s(t) +i(t) +n(t). Because of the rather severe computational
burden associated with estimation of a set of multidimensiona] functions, it is necessary to limit the
domain over which the g(-) are to be estimated. It is also of some practical interest to determine the
performance that can be attributed to these limited-domain portions of the functions ga(-) because
this might lead to computationally simpler LPC filters that still yield acceptable performance.
To this end, consider (4) with the sum over u, and u, restricted to the sets Us:

o0 =% {z ()t — )z}
+2

[21

> {att - wpett - w) [ antagete - e }] - 5)

(‘ll.] ,U‘Z)GU,J us

From this formulation, it is clear that the LPC system can be specified entirely in terms of one-
dimensional filters, that is, in terms of one-dimensional sections of the three-dimensional functions
ga(+). Thus, we seek the values of g,(-) for various values of (uy, up). For each value of a, each fixed
pair (up,us) € U, is said to result in a distinct path in the LPC structure. The remaining questions
concern the choice of the elements of {n},{a}, and U, such that the resulting paths contribute
maximally to the quality of the output of the LPC structure. This can be done by examining the
correlation between the cubic paths of the LPC structure with the SOL The choices of U, should
be made such that this correlation is largest. Thus, we should choose the lag pairs such that the
fourth-order moment corresponding to the SOI is largest. In the case of duobinary signals, the
CTMFs peak for = o.

4 Computer Simulations

MATLAB was used to solve the following least-squares problem

T
min 3 (t) - ()] | ©)
{h‘ﬂvgﬂ} t=1 :
where y(t) is the output of the LPC filter (5) that with input z(t) and T is the data-record length,
for various values of {n}, {a}, Ua, and the filter-path lengths. The SOI s(t) (and the SNOI i(t)) is
a duobinary-coded pulse-amplitude modulated signal, which is defined by

00 —i2nfTo
s(t) = Z amp(t + mTy + to), P(f) = { gjO(l e )’ }ﬂ § igg,

m=-—0oo

where P(f) is the Fourier transform of the pulse p(t), {am} is a random binary symbol sequence,
and t, is a timing offset. The noise n(t) is white and Gaussian with power in the receiver band that
is 20dB below the total SOI power. None of the signals s(t),(t), or n(t) exhibit SOCS, but both
s(t) and i(t) exhibit fourth-order cyclostationarity at their symbol rates, which are 1/Tp and 1/T1,
respectively. In all the simulations, the SOI and SNOI power levels are equal.

Two cochannel interferences are considered: wideband (Ty = 11) and narrowband (Ty = 44).
Minimum mean-squared errors (MSEs) for the wideband interferer are shown in Table 1 for {n} =
{0,1/Tp} and several choices of {a}. Zero and the symbol-rate cycle frequencies of the SOI are




[Case] {n} | o} T
1 0 {} — 1 0.88
2 0,+1/Tp 0 (0,0) 4 "0.65
3 |0,£1/Ty +1/T, (0,0) 5 0.61
4 [0, x1/T 0, +1/T, (0,0) 6 0.55
5 10,£1/T; 0,£1/To, £1/T} (0,0) 8 0.47
6 |0,%£1/Ty|0,%£1/Ty, £1/T,+(1/T, - 1/Ty) | (0,0) 10 0.36

Table 1: Estimation errors for an LPC FRESH filter: wideband interferer (see text).

[Case | {n} | {o} | Uy, U [ No. of Paths | MSE |

| Filter Length = 32 |
1 0 0 — 1 0.44
2 0 0 1(0,0),(0,1),(0,2) 1 0.39
3 0 +1/T, [(0,0),(0,1),(0,2) 7 0.38
1 0 | 0,£1/T, ] (0,0),(0,1),(0,2) 10 0.33

[ Filter Length = 64 B
5 0 0 — 1 0.32
6 0 0 (0,0),(0,1) 3 0.27
7 0 +1/Tp (0,0),(0,1) 5 0.25
8 0 [0,£1/To| (0,0),(0,1) 7 0.20
9 0 0 — 1 0.32
10 0,£1/5| 0 (0,09,(0,1) 5 0.26
11| 0,£1/T, | £1/To (0,0),(0,1) 7 0.23
12 10,4£1/Tp | 0,£1/Tp (0,0),(0,1) 9 0.19

Table 2: Estimation errors for an LPC FRESH filter: narrowband interferer (see text).

assumed to be the most important frequency shifts, but substantial improvements would likely
occur with the addition of more frequency shifts into both the linear and cubic paths. The best
performance for a wideband SNOI is Case 6, which corresponds to a reduction in MSE of 60% with
respect to the LTI LPC system (Case 1).

Similar results are shown for the narrowband interferer in Table 2. For this SNOI, we assume
that the SNOI is stationary, and so we do not include its cycle frequencies in the linear or cubic
paths. However, the performance of the method would increase if these were taken into account.
The best performance for a narrowband SNOI is Case 12, which corresponds to a reduction in MSE
of 41% with respect to the LTI LPC system (Case 5).

5 Conclusions

The general LPC system is difficult to analyze and simulate, so only suboptimal computationally
simpler versions of the general system have been studied so far. These simpler systems are character-




.

ized by the number of linear and cubic paths from the input to the output. The mean-squared-error
in the estimate of a signal corrupted by cochannel interference, obtained by a least-squares tech-
nique, is shown to decrease with an increase in the total number of paths used. The results of
this initial study suggest that the LPC filter structure holds some promise for removing cochannel
interference from a bandwidth-efficient signal. An important theoretical result to be obtained in the
future is the solution of the minimum-mean-squared-error design equations that specify the system
parameters. A practical problem to be solved is finding rules-of-thumb for choosing good subsets
of the system parameters.
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